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(54) Abstract Title 

IP based voice and data services whereby voice and control signals are transmitted over a single call 
connection 

(57) In a wireless network audio information is transmitted in digital form and in discrete packets. This audio 
information as well as call control information packetised and in digital form are both transmitted via a single 
call connection. Notification is sent from one communication device to another (eg/using SMS or USSD 
systems) to establish an interactive voice session. The devices then notify each other that the new voice 
channel will also be used from subsequent transfers of control information. The voice packets and control *" - 
packets are transmitted using a common transport protocol eg. based on current WAP protocols. The internet 
protocol may be used. 
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CONCURRENT IP BASED VOICE AND DATA 
SERVICES VIA WIRELESS NETWORKS 
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setup from the user to the end-point, which may be another telephone in 
the case of a voice call or another computer if a- data call. 

Users have typically used the voice services without particular 
knowledge or care about the complexity of service provision. They simply 
use the keypad to enter the desired telephone number and press the 
appropriate PROCEED key, the telephone and network taking care of the 
rest. Users often receive SMS messages from the network's voice response 
systems in response to other users leaving messages when they have been 
unable to get answers to their calls. More recently SMS , USSD and 
equivalent services have been used to deliver information such as traffic 
information to users who subscribe to such services. However, if users 
have wanted to send messages they either needed a computer to interface 
to the SMS or USSD access of the phone or use complex sequences of 
keystrokes to generate and send such messages using the basic phone 
functions. If a user wants to use the circuit switched data service then 
an integrated or attached computer is necessary to handle the.data 
applications. .... 

Many -data applications have been. developed; and. used via GSM and 
other networks using conventional Internet -based and other. . 
communications, but the internet Protocols (TCP/IP and UDP/IP) are 
becoming the defacto standard. These are far. from optimal for this use at 
the present time. 

The wireless Application Protocol (WAP) Forum is an industry forum 
with an aim of delivering advanced telephony and information services to 
users of mobile wireless- devices such as phones, pagers, smart phones and 
personal digital assistants. The WAP Forum has produced a set of 
specifications to meet these aims and continues to complete and enhance 
this task. The fundamental concept of WAP is to deliver services using 
internet -based technology, the user interacting with the phone and - 
associated services using a micro -browser , the. information being 
delivered by communication protocols similar to those of the Internet's 
internet Protocol (IP) and HyperText Transfer Protocol (HTTP).. The WAP 
protocols are known .as WDP (wireless Datagram Protocol) which is 
equivalent to the Internet's UDP/IP~ WTP (wireless- Transaction Protocol) 
which provides acknowledged delivery and optionally segmentation and 
reassembly, and" wsp -(wireless Session Protocol) which is similar to HTTP. 

. There is additionally WTLS (wireless Transport Layer Security) to 
deliver authentication and secure- data delivery, between WAP client and 
WAP proxy (a proxy is a server computer acting as an intermediary between 
the client and the. communications network, and in particular the WAP 
proxy is responsible for delivery of data content in a- form which is 
independent of the network's data communications protocol). The 
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dependent on the network type-.being used or even the facilities provided 
even if the network architecture catered for it.. 

If SMS, USSD or an equivalent service is being used for signalling 
while the voice call is in progress then the user will be paying for both 
services - the voice call connection. and the SMS or equivalent service 
used for control signals. 

US- A- 5799251 discloses a potential problem in radio telephone 
systems in that Short Data Messages which are sent on the. control channel 
among control signals can block the control channel, causing interference 
in the control signalling and potentially affecting the speech traffic. A 
solution is then proposed which^ involves reserving a radio channel 
specifically for transmission of user's data messages, this reserved 
channel operating like a second control channel. A problem with this 
solution is network resource usage, and associated cost to the .user, 
since the user requires an additional channel. 

US -A- 579 0551 discloses dynamic assignment of an available packet 
data traffic channel for transmission -of packetized data based on which 
channels will be free for a. specified time period, the dynamically, 
assigned channel being separate from the data control channel. Thus, no 
dedicated channel is required for data transmission, permitting more 
-efficient and flexible use of available communication channels. 

Summary of Inv ention 

- -According to a first aspect of the invention, there is. provided a 
method for use in the communication of audio, information between a 
wireless .communication device and a remote communication device via a 
wireless communication network, the method comprising: at. one of said •- " 
communication devices, providing audio information in digital form in 
discrete packets and providing call control information in digital form 
in discrete packets; establishing a call, connection between the wireless 
communication device and the remote communication device; and 
transmitting both the discrete audio packets and the discrete call 
control packets via said single call connection. 

Transmitting audio information (voice or synthesized voice data) 
and control information via a single logical end- to -end connection avoids 
the need for a separate connection to be maintained throughout the call- 
for control information or for a separate connection to be established at 
numerous times within. the call. The invention avoids the. need to use two 
bearers throughout each call for each direction of communication between 
the communication devices and this, reduces the cost of the user's call 
(in particular, by avoiding the need for two connections between a mobile 
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device and a network access node) and increases the available network 
capacity for other users. That is, by removing the need for concurrent 
use of SMS or USSD low-bandwidth or. narrow band bearer services or a 
separate higher rate bearer to convey control information for the call " " 
the bearer's capacity may be utilised for other SMS and USSD message ' 
services or. to make additional capacity available for voice traffic and 
xts associated controls. Furthermore, reducing the demand for SMS or USSD 
type bearer services to manage ongoing control of services reduces the 
likelihood of needing to dynamically assign, additional low rate data 
service capacity. 

/ as well as using less network resource than prior, art -solutions 
the present invention. has additional advantages. Firstly, each call ' 
drains the telephone's battery power more. slowly if the inve ntion is 
.used, because only one connection is maintained after call set-up 
Secondly, in. embodiments of the invention in which call control 

IITZIT - Tl" PaCketS ° ver a ci ~«it: switched call connection, 

- the. latency is both lower., and more predictable than. the latency of USSD 

• or SMS messages. For interactive voice applications, the long latency of 
SMS is unacceptable; USSD is faster, but nevertheless has a latency which 
is longer and less predictable than a- circuit switched connection 
Ensuring that voice data and control- data have the same latency is, of 
itself, beneficial since it avoids voice data having to be held to await 
control information. For example, if a user selects ' FORWARD ' to next 
message, they want to be moved to the next message without delay. 

- The invention goes against the general teaching of the prior art 
T,l : ^ S h de " iCated - ha - els - timeslots for voice data and- for control 
data, and which uses for each of these data types a communications 
protocol which has been optimised over time "for the respective data type 
in other words, the focus of the prior art has been on optimising voicl ' 
Z ' and . aSS ° Ciated transmission protocols and otherwise enhancing 
the voice servxces within the constraints of the available data capacity 
of the respective channel architecture standards, without focusing on how 
to reduce the cost of voice services. This can be understood in the 
context of the available data communication capacities which have in the 
Past^ retired- considerable -development effort merely to keep pacl with 
conflicting demands. for high voice Quality, comprehensive error 
correction, etc. - .... . . . 

estah1 AC h T din9 t0 3 Pref6rred embodiment of .the' invention, the step of 
establishing a call connection follows the user of a calling device (for 
example, a mobile telephone) requesting access to a messaging centre for 

PUs e H°notif era : tiVe r Sa9lng S6rViCeS ' WhlCh in — Allows ei hl r a 
PUSH notification of new messages, or a regular ..user or mobile device 

xmtiated check (content -pulu . Establishing the connection preferably 
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comprises sending an initial notification (for example, via SMS or USSD) 
from the calling device to a called device (for example, the messaging 
centre), informing the called device of the calling device's intention to 
establish an interactive voice oriented session,- and then the called 
device and caller device establishing a connection (possibly after 
sending an acknowledgement to the caller) . Upon establishment of this 
connection, and verification of identities, the devices notify- each other 
that the new" "channel will be used for subsequent transfers of control 
information. An alternative and simpler .method which involves the same 
steps except that it omits the initial notification stage is equally 
acceptable. 

After the connection has been -set up, only a single call connection 
is required for transmission of both voice data and associated ongoing 
call control information. The voice data packets- and control packets are 
transmitted using a common transport protocol. This may be, for example, 
a protocol based on current WAP protocols over IP using WML or WMLScript 
as data content formats. At the end of the interactive session, the 
calling devicemay indicate the end of the session or simply cease the 
connection, one of these actions being predefined as the condition for 
resumption of the use of the shared low bandwidth bearers for subsequent . 
notification and access. - 

Voice communication requires regular delivery of content, but ^ ^ 
humans are also tolerant of minor disturbances in speech such as clicks 
and 'holes' where a small amount" of information is not delivered. The - 
invention preferably transmits speech content .and control information as 
discrete .packets via a . single circuit- switched connection, allowing 
regular delivery to be achieved with low overhead and complexity. A 
similar approach over packet networks requires a little more control over 
regular delivery and contention, to achieve error and. packet loss 
resilience, including some buffer control for voice while the control 
information is small and can fill the gaps in buffer managed time. 

The invention preferably' uses 'voice over IP', which entails 
digitising the voice information and sending it across the network in 
discrete packets using the Internet Protocol (in contrast to the 
traditional circuit- switched' protocols of the telephone networks, but 
nevertheless preferably using a circuit switched connection) . However, 
the invention is not limited to any particular implementation of 'voice 
over IP' and includes any means of conveying suitably encoded voice over 
an* IP-based connection. 

In network architectures such as GSM which divide their' 
communication's channels into multiple times lots, the invention provides" 
most benefits if combined with an appropriate coding of voice information 
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response to such actions can be converted to a voice format using text- 
to- speech technology for example. 

Brief Description of Drawings 

A preferred embodiment of the present invention will now be 
described in more detail, by way of example, with .reference to the 
accompanying drawings in which:. . . ... 

Figure 1 is a schematic representation of a data communications 
network.- according to the prior art; and 

Figure 2 is a schematic representation of a data, communications 
network implementing . the invention according to a preferred embodiment. 

Description of Preferred Embo diment 

A wireless communications network (i.e. a network including 
wireless links) according to the prior art is shown schematically in 
Figure .1.. A. mobile telephone 10 is shown communicating with a remote • 
Messaging Centre 50, via two different transmission paths 70, 80. The ,. . 
telephone communicates with network 30 via a network access node 20. The 
Messaging Centre is an example of a remote communication device to and 
from which voice data is sent and received, which provides voice services 
such as voicemail recording when a user's telephone is not contactable 
(e.g. switched off, on another call, or out of range of a network access 
unit) . Communications between the mobile telephone and either the 
Messaging Centre or another communications device involves a- first 
connection being established for transmission of control information in 
the form of SMS or USSD alert messages via a. Short Message Service Centre 
" (SMSC) or unstructured Supplementary Services Data Centre (USSDC) 40. A 
second connection via a different transmission path is then established 
in response to the alerts, and this is used for the communication of 
voice data between the mobile telephone and the Messaging Service or 
another communications device. Communications with the Messaging service 
is via a conventional Interworking Function (IWF) 60 which converts 
between the data transfer protocols of fixed telephone lines and of 
wireless communications. As well as being used for the alert messages to 
trigger establishment of the second connection for transfer. of voice 
data, this first connection will be used for subsequent transfers of call 
control information. A WAP communications environment 9 0 provides control 
data access to various bearers including SMS, USSD, etc. Conventional 
voice access (e.g. PSTN or ISDN) is used for conventional access_to 
messaging services. 
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This conventional arrangement has the problem that two separate 
connects must be maintained throughout the call, even £ thire 1S 
spare capacity on each connection. This use of network re ources is 
typically charged back to the user. . eSOUrCes 18 

Figure 2 shows a communications network suit-ahio 7' 
i. used for. transfer of alerts between a mobile telephone 100 and V 

■ r .ed. o, . SMS or v SS r:eZ s :r s :e\°:: i b a L al ;::^: d b T 

separate call connection 180 is established between the mobile "lenhl 
and Mess.,i», centre vie a Remote Access Server or O .tLaTl 9 0 ,IIT T„ 
below, The „essa,in, centre is assumed to have a su tLle a! a 
co™,unications environment for the delivery- of notification^ 1. 

the connection used ll"^U?lT£ * " ^ £ " U COnM « i « "* 

course, if the call ^llZlVl^Z^ ^Z»^ 
connection win have to be established and the ni h Z v be 

::eT:r-c^^^ 

replacement of the initial^ l^ZZ^lllT^ 
control connection is notify v 9 voice and 

notified to both communicating devices as r> ai -r- 

nlt^tr 0 :!""" 15 "" 19 VOi " ™ termL"t "/S " 

initial control connection. - 

Passed bac* to the ^^1^^",^ "T* """^ 
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The Remote Access Server: provides the mobile telephone with access to IP 
connectivity. The Remote Access Server provides a route between the 
mobile network and thereby the mobile telephone, whether the actual 
communications use packet based bearers or circuit = switched bearers, and 
it can allocate the IP address of the client and the IP addresses of 
other IP facilities such as internet Symbolic Names resolution services 
and it can additionally provide authentication services, thereby only 
allowing authorised access. 

The Short Messaging Service Centre: provides the message switching 
service for the short message service offered by GSM ,and many other 
networks, whereby .short messages of some . ISObytes can be sent from mobile 
telephone to mobile telephone or a defined fixed location reliably, as 
SMS has an optional store and forward mechanism which is used when either 
the mobile telephone or fixed device is not available or has no current 
spare capacity to receive the SMS. ^ ' _ . _ 

The USSDC: provides a message switching service for USSD similar to that 
provided by the SMSC for SMS.. However, the nature of USSD, with less 
reliability and no store and forward capability, permits simpler and 
faster delivery them SMS . 

The messaging centre: contains a service environment containing a voice 
message store as a minimum and could encompass an entire unified 
messaging environment in more complex embodiments. To access this 
messaging centre from mobile telephones and other suitable calling 
..devices requires communication access which conventionally would be 
telephone or ISDN lines etc, but in this case would be using packet i zed 
encoded voices as described . earlier using IP as the communications 
protocol to deliver the packets of voice. The messaging centre also needs 
the control functions of a wap communications environment 150, or 
conventional TCP/IP ._and HTML environment, which provides the means of 
notification and management of the users interaction with the messaging 
services provided, for example notifying which messages you have, whether 
old, or new and who from, etc, options to listen, move to next, delete, 
save," forward, and many other basic controls, and optionally more complex 
functions such as conversion from/ to voice to/from-text, fax etc. 
Although the WAP gateway for protocol handling- of SMSC is shown as an 
integral 'component of the Messaging Centre, it could equally be external 
of the Messaging Centre. 

Figure 2 also illustrates that the network infrastructure is 
unchanged, when using the existing Interworking Function to. convert 
between the network specific protocols and those more commonly expected 
outside of a mobile network, for example PSTN or ISDN. The modified IWF 
function 200 additionally would contain the IP voice packetization 
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A technique used by at least one equipment manuf acturer (Net speak) 
to help ensure faster packet delivery is to ping all possible network 
gateway computers that have access to the public network and choose the 
fastest path before establishing a TCP socket connection with the other 
end. 

Using VoIP, an enterprise positions a. "VoIP device" (such as 
Cisco's AS5300 access server with the, VoIP feature) at a gateway. The 
gateway receives packetized voice transmissions from users within the 
company and then routes them to other parts of its intranet (local area 
or wide area network) or, using a T-l or- E-l interface, sends them over 
the public switched telephone network.- 

For VoIP, the voice information is sampled after suitable 
filtering,, most commonly 8 -bit (or more) samples at 8K samples/second 
which results in 64kbps or higher. This. level of speech quality is 
consistent with the norms of the telecommunications industry which - 
normally uses 8K samples/s with 8 bits/sample. The subsequent encoding in 
GSM brings the transmitted data rate down to below 13kbps for full rate 
speech, or 6.5kbps for a recently proposed: coding and decoding of voice 
which achieves a half - transmission-rate voice service with acceptable 
voice quality. Framing this within IP packets of modest size, balancing 
the need to use small packets of perhaps 64 pr 128 bytes/packet- to 
minimise ..loss of speech and recovery/ and allowing for overheads which 
would tend towards the use of larger packet results in full rate speech 
of approximately 16-19 kbps with packets of 64-128 bytes of data, or 8 - 
9.5 kbps for half rate speech. 

Standard full rate GSM speech coding and decoding has too high a 
data rate. to squeeze into current 9 6.00bps data calls. However, with 
increases in GSM's basic data speeds, IP encoded full rate speech can be 
considered. However the option of using a half rate speech codec with a 
9600bps or higher data circuit will allow sufficient spare data capacity 
to provide low bandwidth data applications such as WAP enhanced services 
to coexist in the same IP communications circuit. This is made easier to 
achieve by the existence of natural quiet periods in speech, the presence 
of which can be relied upon to some extent. 

As noted above, protocol H.323 has been established for the 
delivery of IP voice' based services, while more complex than is 
absolutely necessary for IP Voice in the case of GSM or other mobiles 
networks using a point-to-point circuit switched call based form of 
connection it would be much more relevant where GSM's GPRS .. (General 
Packet Radio Service) is considered and hence this is one option for 
implementation of the packetized voice delivery of the present invention. 
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voice 2 S U Lif Pr ° blem " S ° 1Ved in ^ foll °-^ "ay for the enhanced 
voice messaging servxce used above for illustration. 

■ * m °f le Ph ° ne US6r h " f ° r S ° me reason not been a ^le to receive 
some xncoming. calls. This might have been for one of a number of regions 
such as: the phone was in use, turned off or not in coverage of the 

foT^' ™T Sa9ing CSnter generat6S a PUSH alert to thl user Tn the 
form of a „«, deck which is sent to the user via the wap proxy 150 us^g 
the default bearer service available, e.g. ussd. Having receded the usL 
content the phone displays it via the. micro -browser usL interface The 
,«-«. can now decide whether to defer this notification or ta^ some 
aeon upon it.Assumxng the latter, the user chooses to list n to the 
oo ioT;, Sel6Cting ^ aCti ° n LISTEN ^ MESSAGE, the phone could 

message is sent to the messaging service to establish the" w e ^y if 

£ ^ \™f W l S " Uer ' ^ — ™ - — the instu^tLn 
to.LlSTEN X f the message was not sent earlier. Having set up all. the 

IZ ^ inStrUCti °- the -ssaging service can now star t o , 
provxde the IP Voice. At some point the user can interrupt with new 

r T' 6n ° f the session - the client can send one final- 

message to the WAP proxy to delete the current temporary ras identity and 

. gat^aT ^ ""^ *~ °» ™ * ^ £ 

i^l^'VJ 1 """ 6 ^ With WhiCh the Present invention can be 

xmplemented, a set of changes which can be made to the component 

^^^-t^^- - ~ '« the 

bTSi^h f C ° ding> t0 aChl6Ve ^ n6CeSSary " W -t. ra!e " port.d - 
by thxs. method over the available connection bit -rate.- The mobile 

telephone would. additionally: need: - - 

bL^rr/"' 0001 COmmunicati ^ capability (e.g^/ip, ^ Ppp 
or assn ^'T 1 COnneCti ° n establishment in addition to any SMS 
or^sSD support for the wap environment which would-be required for 
the basic services function. This- is unlikely to be an in^easl on 
functxonal retirement for the phone in many instances « the wap 
- environment will - ideally use IP for ™ « . M S the WAP 

y use IP for some services demanding larger 
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amounts of data, e.g. 'over the air programming', or even basic 
services when SMS or USSD may not be available* 

2. the ability to packetize the encoded voice into IP packets for 
transmission via the connection. For received information there is 
a need to receive the packetized voice and to deliver this to the 
voice decoding circuits of the phone. 

3. the ability to multiplex the voice and data control packets. This 
should be a normal IP function, but some buffering of the voice 
packets would ideally be provided to permit the synchronously 
(regularly) sampled voice to be sent plesiochronously- (of a nominal 
rate but not- synchronously) over the network. 

The WAP communications, functions of the messaging centre, or even a 
separate gateway, .would not require any changes since the ability to 
resume connections on different bearers is already defined. 

The messaging centre would require no changes to its. control 
operation other than the support of WAP, which -is. typically, required 
regardless of whether the present invention is implemented. .However, the 
messaging centre would require the same function as the phone to encode, 
decode, buffer and manage the packetization of voice traffic over IP. 

The WAP Proxy is provided with the capability to support identity 
updates /changes (this is catered for in the WAP specifications) . The 
routing between the messaging center, RAS gateway .and preferably, though 
less importantly r the WAP Proxy requires sufficient capacity to avoid 
congestion if the voice over IP protocol being used over the mobile link 
does not have the full capabilities of H.323 to buffer etc. 

Throughout the examples above, it. has been assumed that the 
established Internet principles of port numbers are used to identify the 
application, namely voice over IP, and therefore no explicit service 
identification bits are required. However this invention recognises, that 
signalling bits within the IP packet^ conveying the encoded and packetized 
voice could convey other useful information (such as quiet- period 
duration, encoding algorithms etc) in.order to maximise the options and 
performance over" available bearer capacity." 

There, are alternative ways in which the cost problem associated 
with multiple, dedicated channels .could have been addressed, but each 
alternative has its problems. 

Firstly, it would be possible to use DTMF signalling within the 
audio band. Simple choices could certainly be managed this way but 
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complex messages or further WML messages might be very inefficient One 

ITIZ 'I th " in some networks signallin * ^ • «»;^ch 

as DTMF , x. achieved using USSD with reconstruction in the network and 
thus no gain is made, juat an increase in complexity. As indicated 
previously such features are network type and deployment dependent. 

beinc t T naiy ' ^ Cal1 C ° Uld ^ SPlit int ° tW ° portions < «. portion 
being the conventional voice call and the other being a data call p L 

o/dat c C aT yanC ; " C ° ntr01 - -3T time either "he ^ c f 

format and protocol, but only one at a time. This could reduce users' 
costs, but it is more complex .than the present invention and places 

cha^Il TT infr — —rces even if the nler of 

channels required at any one time is the same as for the present 
invention, whether the user would then be charged for one or two calls is 
a network service provisioning choice. Features aimed at supporting such 
concurrent voice or data calls are emerging, but the required ne^rk 
features are complex and not all networks will have this .capability 

n ,. f . T \ e . inverition ha * been described above as using an initial. . 
notification via narrow -bandwidth bearers and than use of wide -bandwidth 
bearers for ip voice services and ongoing control. Alternative 
implementations which only use the packet based service are possible but 
these are less desirable in terms of costs of bearers, batLrTpower 
consumption, and network utilisation, a solution using packet basT 
services only would require: the KAS server to be terminating ip based 
communications or equivalent from the network infrastructure father than " 
using circuit -switched calls. ^structure rather than 
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CLAIMS 

1. A method for use in the communication of audio information between 
a wireless communication device* and a remote communication device via a 
wireless communication network, the method comprising: 

- at one of said, communication devices, providing audio information 
in digital form in discrete packets and providing call control 
information in digital "form in discrete packets; 

establishing a call connection between the wireless communication 
device and the remote communication device; and 

transmitting both the discrete audio packets and the discrete call 
control packets via said single .call connection.. 

2. A method according to claim 1, wherein said step of establishing a 
call connection includes: 

sending a notification from one of said communication devices to 
the other one of said communication devices via a first connection; 

establishing said call connection between said devices; 

verifying the identities of the calling devices; 

notifying each of said devices that subsequent control information 
is to-be exchanged via said call connection; and 

closing or suspending said first connection. 

3. A method according to claim 2, including notifying each of said 
devices that use of a connection other than said single connection is to 
be resumed in response to closing said single call connection or ending 
of the communication session. 

4. A method according to claim 2, wherein the content of said 
notification; au^iio packets and control packets comprise WMLScript and/or 
WML, or another other XML -based or HTML -based language. 

5. A method according to one of claims 2 to 4, wherein said 
notification is transmitted via a low-bandwidth bearer service and said 
call connection uses a wide -bandwidth bearer service. 
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6- A method accordina to arm ™^ *.v --— 

remote communication device " a "si ClaimS ' WherSin S&id 

- • . aevice is a messaging centre providing voice-ha«rf 

communication services, the method including the steps of: . 

centred! ^ . £1 -^- COBMCti « a notification fro, the messaging 
centre to the wireless communication device of the availability of a 
message to be delivered to the wireless communication devtce 

sending a notification from the wireless communication device to 
the messaging centre of the wireless communication device's intlntL^ 
establish a connection for voice-based communication; ° 

sst ^ th l ViT ^ SS - coMc ^on device and the messaging centre 
establishing said call connection, 

■ verifying the . identities of the communication devices; 

is to H° tify f g 6aCh ° f Said d6ViCeS that control information 

is to be exchanged via said established call connection; and 

closing or suspending said first -connection. 

I: A method according to any one of the preceding claims, wherein said 

x™ p a :o d : 0 o co p i ckets and - contro1 packets - ™— »£T£ 

internet Protocol over a circuit-switched call connection. 
-8. A method according to claim 7, wherein said audio packets and 

Lp 0£ P r~-— z zzn^^r- — - " 

-includes encoding voice data using a C ^t^Z^^~ 
transmissxon-rate of approximately 19 kbps or less. 

10 A method according to claim 9, wherein the encoding using the 
coding scheme achieves a transmission -rat-* „r =, • 

less> transmission rate of approximately 9.5 kbps or 

11. A wireless communication device, including: 

■ means for encoding- audio information- in a : digital . fr,™ ^ 

packets and means for generating w ■ , ^tal-fora m-discrete 

information; bating discrete packets of digital call control 
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means for establishing a call connection via an access node of a - 
communications network; 

means for transmitting both the discrete audio packets and the 
discrete control packets to the local access. node via said call 
connection; . " 

means for receiving discrete packets containing audio information 
and discrete packets containing call control information from the network 
access node via said call connection; and 

means for decoding received audio information packets and control 
information packets. 

12. A messaging centre for providing voice-based communications 
services in a communications network supporting wireless communications, 
the network including access nodes for receiving signals from, and for 
transmitting signals to, wireless communications devices within their 
local cell, .the messaging centre including: 

means for encoding audio information in a digital form in discrete 
packets and means for generating discrete packets of digital call control 
information; 

means, for establishing a call connection between the_messaging 
centre anc3 a wireless communications device within the network; ^ 

means for transmitting the encoded discrete audio packets and 
discrete control packets to the wireless communications device via said 
call connection; 

• means for receiving discrete packets containing audio information 
and discrete packets containing call control information sent across the 
network from the wireless communications device; and 

means for decoding received audio information packets and control 
information packets. 

13. A messaging centre according to claim 12, including: 

- means for transmitting to a wireless communications device via a 
wireless communications network a first message including, within the 
message content, one or more menus of selectable"" operations; and 
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^ r * s »°™™ to receipt of a message, sent from said wireless 

saTTn " ln reSP ° nSe t0 the *-st message, for establishing 

saxd call connection for provision of a selected operation - 
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